While normal-hearing (NH) listeners demonstrate better speech intelligibility for fluctuating-masker than for stationary-noise conditions, hearing-impaired (HI) listeners generally show little or no fluctuating-masker benefit (FMB). This result has been interpreted in terms of suprathreshold deficits (e.g., reduced spectral or temporal resolution or distorted stream-segregation cues) that limit ?dip-listening?. However, reduced FMB for HI listeners might instead be attributable to audibility limitations or to differences between the signal-to-noise ratios (SNRs) at which NH and HI listeners are tested. This study examined this issue by equalizing stationary-noise performance to allow measurements at a common SNR, equalizing audibility, and presenting identical signals to pairs of NH and HI listeners. Audibility was equalized using linear gain, low-pass filtering (4 kHz) and intensity filtering to remove speech-signal elements below the HI audiometric threshold. Nonsense-syllable identification performance in stationary noise was equalized by adjusting the response set size. Stationary-noise trials (adapting set size) were interleaved with fluctuating-masker trials (adapting SNR), ensuring stable stationary-noise performance throughout the test. Fluctuating maskers included low-and high-rate modulated noise, speech-modulated noise and an interfering-talker condition. Results determine whether and under which conditions the HI listeners demonstrate reduced FMB not attributable to SNR or audibility effects.
INTRODUCTION
Hearing-impaired (HI) listeners are thought to be less able than normal-hearing (NH) to take advantage of brief dips in the level of a fluctuating masker to aid speech-reception performance (Festen and Plomp, 1990) . It has been suggested that this reduced fluctuating-masker benefit (FMB) is not attributable to simple audibility limitations but reflects a particular supra-threshold deficit like for instance resolution of temporal fine structure (Qin and Oxenham, 2003; Hopkins and Moore, 2009 ), sharpness of peripheral tuning (ter Keurs et al., 1993) , reduced temporal resolution (Dubno et al., 2003; George et al., 2006) . However, many of these previous studies have been confounded by SNR differences between NH and HI listener groups (Bernstein and Grant, 2009; Freyman et al., 2012) .
HI listeners typically experience "SNR loss" meaning that their speech-reception threshold (SRT) in stationarynoise is generally at a higher SNR than for NH listeners (Dirks et al., 1982) . The FMB is usually defined in terms of the difference, in dB, in the SRTs for a stationary noise and a particular fluctuating-masker condition. Previous work has shown that the FMB varies as a function of stationary-noise SNR because of differences in the slopes of the psychometric functions for a stationary-noise and a fluctuating masker (Bernstein and Grant, 2009; Oxenham and Simonson, 2009) . Specifically, the FMB is larger at more negative SNRs, where adaptive-tracking procedures tend to converge for a NH listener, and smaller at higher SNRs, where adaptive-tracking procedures tend to converge for HI listeners with SNR loss. Therefore, the reduced FMB observed for HI listeners might be attributable, at least in part, to the fact that they are generally tested at a higher stationary-noise SNR to yield an equal level of performance to NH listeners (Bernstein and Grant, 2009 ).
Bernstein and Grant (2009) compared the FMB for NH and HI listeners while controlling for SNR differences by measuring psychometric functions under stationary noise and fluctuating-masker conditions. They then computed the FMB by estimating the horizontal distance (in dB) between the fitted psychometric functions for the stationary and fluctuating-masker conditions. When the FMB was compared between the two listener groups at the same percentage-correct point on the psychometric function, but different stationary-noise SNRs, the HI listeners showed substantially less FMB. But when the FMB was compared at the same baseline stationary-noise SNR, but different percentage-correct points for the two listener groups, the FMB was much more similar for the two listener groups. Thus, Bernstein and Grant (2009) concluded that a substantial proportion of the FMB differences between the NH and HI listener groups as calculated at the same percentage-correct performance level could be attributed to SNR differences between the two groups. However, some FMB differences remained even after controlling SNR effects, with the HI listeners showing about 1 dB less FMB than the NH listeners for a speech-modulated noise, masker and about 5 dB less FMB than the NH listeners for an opposite gender interfering talker masker. Bernstein and Grant (2009) pointed out that this difference might reflect audibility effects, whereby reduced audibility for the HI listeners of low-level portions of the speech signal would play a greater role for fluctuating maskers that contain many silent periods than for stationary noise where audibility of the speech signal is dominated more by the characteristics of the noise than the characteristics of the audiogram. Bacon et al. (1998) examined the possible role of audibility in limiting the FMB for HI listeners. They compared FMB between HI and NH listeners after equalizing audibility by presenting the NH listeners with an additional stationary noise to simulate the elevated audiometric thresholds experienced by the HI listeners. After this manipulation, the NH listeners still obtained a FMB of up to 5 dB greater than the HI listeners depending on the noise type. While the stationary-noise SRT was on average similar (within a couple of dB) between NH and HI listeners, SNR was not specifically matched between HI and NH listeners. In fact, there were large SNR differences of up to 10 dB (in either direction) between individual audibility-matched groups of NH and HI listeners. Since the FMB can vary substantially with SNR, this create some uncertainty about the whether the results reflect an SNR confound or a true reduction in dip-listening ability. Even on average, the HI listeners showed about a 1-dB greater SRT than the NH listeners in stationary noise. Previous results (e.g., Oxenham and Simonson, 2009; Bernstein and Grant, 2009 ) suggest that even a stationary-noise SRT difference even as small as 1 dB can lead to FMB differences of 2-3 dB, comparable to the mean FMB differences observed by Bacon et al. Furthermore, the use of an additional stationary noise for the NH listeners may cause some additional complications. First, NH listeners may be able to listen further below the noise level than the overall, averaged pure tone threshold suggests (e.g. Drullman, 1995). Secondly, modulation masking within the auditory filters may occur for speech stimuli (Stone et al., 2012) but not for the detection of tones in noise that are used to estimate the audibility threshold.
Phatak and Grant (2012) compared the FMB for NH and HI listener groups while simultaneously controlling for SNR and audibility differences between the two listener groups. To equalize audibility of the speech signal, they employed linear, frequency-shaped gain to that was individualized for each HI listener's audiometric configuration.
An acoustic analysis showed that this gain yielded comparable audibility for the vowel but not the consonant portions of the stimulus, To control for SNR factors, they estimated the FMB at a comparable SNR (but different percentage-correct point) for the two listener groups (Bernstein and Grant, 2009) . For the majority of the fluctuating maskers tested, there were no differences in FMB between the two listener groups, suggesting that the HI listeners did not experience any reduction in FMB that could not be explained by SNR or audibility effects. However, they did identify a reduction in FMB for the HI for the high-rate (32-Hz) modulated-noise condition, suggesting an effect of reduced temporal resolution on dip listening for high-rate maskers. There were two important aspects of this work that prohibit the generalizability of the findings. First, the findings only apply to the FMB for the vowel portions of speech, because the consonant portions could not be made equally audible for the NH and HI listeners using gain. Second, the results could have been impacted by overall level issues. Because more gain was applied for the HI listeners than for the HI listeners, level effects on supra-threshold function could have played a role in influencing the results. Specifically, the gain of the cochlear amplifier, thought to play an important role in providing temporal resolution in the auditory periphery (Oxenham and Moore, 1997 ) is lower for higher input levels.
The goal of the current study was to compare the FMB for NH and HI listeners for speech stimuli containing both consonant and vowel information, while simultaneously controlling for SNR, audibility, and overall differences in signal level for the two listener groups. To control for SNR differences, we employed the set-size adaptation method described by Bernstein et al. (2012) . This speech task involved the identification of consonant-vowel (CV) or vowel-consonant (VC) tokens, with the size of the response set adaptively adjusted to yield a target percentagecorrect performance level at a given stationary-noise SNR. Bernstein et al. (2012) demonstrated that this method could be used to adjust the overall difficulty of the task without affecting the FMB: changes in the size of the response set had the same effect on performance for stationary noise and a range of fluctuating-masker conditions. Next, this study sought to control audibility differences while avoiding the complications associated with using noise masking or different levels of gain for the two listener groups. To accomplish this, we employed a method in "intensity filtering" based on the ideal binary mask (Wang, 2005; Brungart et al., 2006) . The signal was divided into a grid of time-frequency elements, and only those elements whose level exceeded a given minimum threshold (10 dB higher than the HI listener's audiometric threshold) were included in the recombined signal. Pairs of NH and HI listeners were matched, with the intensity-filtering threshold based on the HI listener's audiogram. These two methodological approaches also accomplished the third goal of eliminating differences in the signals presented to each pair of NH and HI listeners. Both listeners in the matched pair received the same acoustic signal in the baseline stationary-noise condition, with performance differences equalized using the set-size adjustment methodology.
This short paper mainly aims at describing the rationale behind the experiment and its methods. Data is very preliminary and data collection was initiated only recently. Therefore, at present time we have complete data from just three HI listeners that indicate that the method is working as intended.
METHODS

Listeners
The inclusion criteria for the HI listeners participating in this study is that they have a diagnosis of sensorineural hearing loss with audiometric thresholds no greater than 70 dB at octave frequencies between 250 and 4000 Hz, and thresholds of 40 dB HL or greater at 2000 and 4000 Hz in the test ear. To date, a preliminary three HI listeners have been tested; we ultimately plan to test up to 10 HI listeners. Up to 10 NH listeners will also be recruited. These NH listeners will be age matched (to within 10 years) to each individual HI subject. A further requirement is that all subjects must be native speakers of American English and report no neurological disorder
Audibility and performance equalization
Stimuli and Noise Conditions
Speech stimuli consisted of a total of 160 tokens comprising nonsense CV/VC syllables spoken by seven different male talkers . Four different masker conditions were tested. For the stationarynoise masking condition, the SNR was held fixed at -6, -3, 0 or +3 dB, and the set size varied adaptively for each individual listener to track a fixed percentage-correct level of performance. Three fluctuating-masker conditions were also tested: 1) a single female talker ("speech"), 2) speech-shaped noise interrupted at 4 Hz ("INT 4 Hz"), and 3) speech-shaped noise interrupted at 32 Hz ("INT 32 Hz"). For the fluctuating-masker conditions, the set size was held fixed at the value obtained for a given stationary-noise SNR condition, and the SNR was varied adaptively to track a fixed percentage-correct level of performance, thereby providing an estimate of the fluctuating-masker SRT. The FMB was calculated as the difference between this fluctuating-masker SRT and the fixed stationary-noise SNR that was used to estimate the appropriate set size. Thus, each listener was tested with the same stationary-noise speech and masker signals, with only set size varying across individual listeners to track a fixed level of performance. The fluctuating-masker SNR was allowed to vary adaptively, but the set size was the same across masker condition for a given listener and stationary-noise SNR.
Equalization of Audibility
We equalized audibility of the speech stimuli by applying 1) low-pass filtering (4 kHz), 2) linear gain, and 3) intensity filtering. The speech stimuli were first low-pass filtered at 4 kHz to avoid complication of abnormal high frequency gain. Then linear gain was applied by the Cambridge formula (Moore and Glasberg, 1998) to optimize audibility of speech for each HI subject. Finally, intensity filtering was applied, based on the ideal binary mask (Wang, 2005; Brungart et al., 2006) . Absolute thresholds (dB SPL) were estimated using a three-alternative forcedchoice procedure, with the same stimulus generation hardware and headphones that were used for the speech testing. Intensity filtering was applied by filtering the signal into 32 frequency bands and 20-ms time segments and then removing any segment below a threshold set 10 dB above the HI threshold within that given band. This was done for the speech stimuli and noise separately. All three manipulations were performed for each HI subject. Only HI listeners have been tested to date. In the future, each matched NH subject will be presented with signals processed exactly the same as their HI counterpart, resulting in stimuli that are equally audible to both listeners. The target speech signals were presented at an overall level of 80 dB SPL (after the application of the lowpass filtering and linear gain but before the intensity filtering operation). The level of the masker signal (also after linear gain and lowpass filtering but before intensity filtering) was adjusted to yield the desired SNR.
Equalization of Performance
To equalize performance at each fixed SNR, an initial 80 trails were used to conduct adaptive tracking (one-up, one-down) on set size for the stationary noise condition to find the set size required for 50% correct CV/VC identification. For a given set size, a pseudorandom subset of the 160 tokens were selected as allowable response choices. This subset was chosen to generate an even distribution of response choices for each of five vowel contexts, 16 consonant contexts, and two phoneme orders (CV or VC). The set size required to generate this fixed level of performance was estimated to be the geometric mean of the set sizes on the last 20 stimulus trials.
Following this initial phase of determining the appropriate set size based on stationary noise performance, the experiment moved to the fluctuating-masker testing phase. For each stationary-noise SNR, the set size was set to the value obtained in the adaptive set-size estimation phase. Then 60 trials were presented for each fluctuating masker in an interleaved manner, with one of the three masker types selected at random on each successive trial. The SRT for each fluctuating masker was estimated by adaptively varying the SNR on each trial using a one-up, one-down tracking rule. In addition to the 180 fluctuating-masker trials (60 trials x three masker types), 20 additional stationary-noise trials were also included during this phase (at the appropriate fixed SNR), with the set size changing following each correct/incorrect response, for a total of 200 trials. These small changes in set size were then applied to each fluctuating-masker track. This allowed for some correction in set size in the case that the listener's attention wandered or began to alter the performance due to fatigue over the course of the experiment. Importantly, the set size was the same for all four maskers at each point of the adaptive track.
The 200 trials for each stationary-noise SNR were blocked into two runs of 100 trials each. The eight runs (two runs for each of four stationary-noise SNRs) were presented in pseudorandom order, with one run completed for all four stationary-noise SNRs before a second run began for any SNR. Stimuli were generated in Matlab, sent to a D/A converter (Hammerfall RME) at a sampling rate of 32000 Hz, and presented to listeners through one earpiece of a pair of Sennheiser HD280 closed circumaural headphones. Listeners were seated in a double-walled soundattenuating chamber. Procedure A response panel consisted of 160 buttons. Depending on the set size of a given trial, only a subset of the buttons was activated. Subjects had to identify the target CV/VC non-sense syllable by selecting one of the activated buttons. Feedback was provided following each trial by highlighting the button associated with the correct response. 
RESULTS
Three HI listeners have participated in this experiment to date. Figure 1a plots the geometric mean of the set size required for threshold performance as a function of the stationary-noise SNR. This plot shows that the set size required to achieve 50% correct performance increased with increasing SNR. Figure 1b 
DISCUSSION
Although limited to three HI listeners, the preliminary data suggest the method is working as intended. We expect the set size increase with increasing SNR because the task becomes easier with increasing SNR and thus requiring an offsetting increase in set size to keep performance constant. The FMB generally decreased with SNR which was expected as well since (Bernstein and Grant, 2009 ). The opposite trend was seen for the INT 32-Hz condition and further data collection will determine if this is a true effect or a statistical anomaly. The remaining HI listeners and their matched NH listeners will be tested in the coming months, allowing a test of the hypothesis that HI listeners will not show a reduced FMB once SNR and audibility effects are equalized between listener groups.
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